Abstract-a modified filter strategy for harmonic elimination is introduced in this paper. The proposed approach eliminates all harmonics component from the signal (current or voltage) and it requires only knowledge of fundamental frequency of the signal. The proposed filter eliminates undesirable harmonics from periodic signal using adaptive algorithm. Adaptation process adjusts weights to exactly match amplitude and phase of fundamental frequency component and the outputs of the filter is a harmonics replica and are subtracted from the original periodic signal waveform to eliminate them. The bipolar waveforms are roughly analyzed and considered case of square wave pattern which contain all odd harmonics. The simulation results show that the method can effectively eliminate undesirable harmonics and result in low(less than two percentage) total harmonic distortion (THD).
I. INTRODUCTION
In recent decades, the growing and widespread use of electronic equipment by different segment of society is perceptible. This equipment present itself as nonlinear impedances to its supplying electrical systems and generates harmonics with well-known adverse effects, such as low power factor, electromagnetic interface, voltage distortion, etc..A harmonic is a signal or wave whose frequency is an integral (whole-number) multiple of the frequency of some reference signal or wave [1] . For a signal whose fundamental frequency is f, the second harmonic has a frequency 2f; the third harmonic has frequency of 3f, and so on. Signal occurring at frequencies of 2f, 4f, 6f, etc. are called even harmonics; the frequencies 3f, 5f, 7f etc. are called odd harmonics. If all the energy in a signal is contained at the fundamental frequency, then that signal is a perfect sin wave. If the signal is not a perfect sine wave, then some energy is contained in the harmonics. Examples are square wave, saw tooth wave and triangular wave.
It is well know that any periodic waveform such as that mentioned previously can be represented by Fourier series, an infinite sequence of sine and cosine waves, at the fundamental frequency of the waveforms and its harmonics. These harmonics can cause trouble in several areas particularly in motors and sensitive application. The coefficients of the Fourier series are computed with a pair of integral's that produces the coefficients of the sine and cosine terms in series. For a signal f(x) with a zero dc component, the integrals are An= (1/π) ∫ f(x) cos (nx) dx n>0 Bn = (1/π) ∫f(x) sin (nx) dx n>0 where the An and Bn terms are the coefficients of the cosine and sine terms, respectively, in the series. The Fourier series is then:
f(x)=A 1 cosx+A 2 cos2x+A 3 cos3x-----+B 1 sinx +B 2 sin2x+B 3 sin3x+ (1) In conventional square wave have both half-wave symmetry and quarter-wave symmetry, integration is required only over one-quarter of the waveform, and further that only the sine terms and odd harmonics are required. Thus, the integral used to compute the coefficients for the conventional square wave becomes Bn = (4/π) f(x) sin (nx) dx (4/n π) for odd values of n only. The series is then (4/ π) sin(x) + (4/3 π) sin (3x) + (4/5 π sin (5x) + (2) The standard measure for distortion is Total Harmonic Distortion (THD).Numerical evaluation of the coefficient for the square wave indicates that if the square wave is to be considered a sine wave with distortion, the THD is in the range of 45%. The third harmonic, the hardest to filter out, is one-third the magnitude of the fundamental.
In paper [2] a superior scheme for producing nearly sinusoidal output waveforms using the modified Walsh function harmonic elimination method is described. A modulation based method for generating pulse waveforms with selective harmonics elimination is proposed in [3] . Another method to eliminate harmonics in single-phase PWM inverter is highlighted in [4] .The main challenge is associated with elimination of all harmonics.
This manuscript proposes an approach for harmonic elimination based an adaptive filter technology is developed. The task is accomplished by generating harmonics replica using fundamental frequency of composite signal. The output of adaptive filter is a harmonics replica and is subtracted from the composite signal of fundamental frequency to eliminate them and the total harmonic distortion (THD) is greatly reduced. The weights of filter are adjusted on-line by using LMS adaptive filtering algorithm. The above course is used as a basis for the development of adaptive harmonics elimination algorithm. From the comparison result, it is seen clearly that this method has better harmonic elimination efficiency and faster weight convergence.
II. ANALYZING HARMONICS
Harmonics are AC voltages and currents with frequencies that are integer multiples of fundamental frequency. On a 50Hz system, this could include 2 nd order harmonic100Hz, 3rd order harmonic (150Hz), 4th order harmonics (200Hz), and so on.
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The flattened and dimpled sinusoid in Fig.1 has the mathematical equation y=2sin (2π50) +0.5sin (3*2π 50). This means a 50Hz sinusoid(the fundamental frequency) added to a second sinusoid with a frequency three times greater than the fundamental (150Hz) and an amplitude ¼(0.5times) of the fundamental frequency. Similarly the peaky sinusoid in Fig. 2 has the mathematical equation y=2sin (2π50)-0.5sin (3*2π50). This waveform has the same composition as the first waveform except the third harmonics component is out of phase with the fundamental frequency, as indicated by the negative sign preceding the "0.5sin(3*2π50)"term. The waveform in Fig. 3 contains third, fifth, seven, nine and eleven harmonics in phase with the fundamental frequency. The waveform in Fig. 4 contains several other harmonics in addition to the second harmonic some are in phase with the fundamental frequency and others out of phase. 
III. FILTERING USING RC AND LC FILTER
As the harmonic spectrum becomes richer in harmonics the waveform takes on more complex appearance, indicating more deviation from the ideal sinusoid. A rich harmonic spectrum may completely obscure the fundamental frequency sinusoid, making a sine wave unrecognizable. When the magnitude and order of harmonics are known, reconstructing distorted waveform is simple. Decomposing a distorted waveform into its harmonic component is considerably more difficult. This process requires, Fourier analysis, which involves a fair amount of calculus. However, electronic equipment has been developed to perform this analysis on a real time basis. One of the strategies is to reduce the magnitude of the harmonic waveform, usually by filtering. Simple two RC pair low pass filter can be used for filtering the harmonics as shown in Fig.5 , Resultant input and output of RC filter are shown in Fig.6 output contain fundamental frequency component of amplitude 0.005598V instead of 12.73 and output is load dependent. 73 and output is load dependent and unstable . The other method is to use system components that can handle the harmonics more effectively, such as K-factor transformers. Harmonic filters can be constructed by adding an inductance (L) in series with a power factor correction capacitor(C). The series L-C circuit can be tuned for a frequency close to that of the troublesome harmonic, which is often the 5 th by tuning the filter in this way; you can attenuate the unwanted harmonic. This can be a very cost effective means of reducing harmonics. Because of the computation difficulty of the resultant method to eliminate all harmonics an approach is propose using LMS Algorithm. 
IV. PROPSED HARMONIC ELIMINATION FILTER
Elimination of an undesirable harmonic component from a signal can be done by proposed approach. The circuit consists of a summing point and least mean square (LMS) adaptive Algorithm. It operates in the following way:
a) The signal of frequency F eliminated from composite signal. Elimination of fundamental frequency F is obtained using LMS algorithm. b) Adaptation process adjusts weights to exactly match amplitude and phase of fundamental frequency component F. c) The signal created by a filter circuit is subtracted from the primary input, such that the output harmonics are cancelled leaving the desired fundamental frequency signal alone. The LMS adaptation algorithm as developed in [5] will discussed as Fig. 9 is a block diagram of system identification using adaptive filtering. The objective is to change (adapt) the coefficients of an FIR filter, W, to match as closely as possible the response of an unknown system, H. The unknown system and the adapting filter process the same input signal x[n] and have outputs d[n] (also referred to as the desired signal) and y[n]. Gradient-descent adaptation: The adaptive filter, W, is adapted using the least mean-square algorithm, which is the most widely used adaptive filtering algorithm. First the error signal, e [n] , is computed as e[n] =d[n] −y[n], which measures the difference between the output of the adaptive filter and the output of the unknown system. On the basis of this measure, the adaptive filter will change its coefficients in an attempt to reduce the error. The coefficient update relation is a function of the error signal squared and is given
The term inside the parentheses represents the gradient of the squared-error with respect to the i th coefficient. The gradient is a vector pointing in the direction of the change in filter coefficients that will cause the greatest increase in the error signal. Because the goal is to minimize the error, however, equation 3 updates the filter coefficients in the direction opposite the gradient; that is why the gradient term is negated. The constant μ is a step-size, which controls the amount of gradient information used to update each coefficient. After repeatedly adjusting each coefficient in the direction opposite to the gradient of the error, the adaptive filter should converge; that is, the difference between the unknown and adaptive systems should get smaller and smaller. The step-size μ directly affects how quickly the adaptive filter will converge toward the unknown system. If μ is very small, then the coefficients change only a small amount at each update, and the filter converges slowly. With a larger step-size, more gradient information is included in each update, and the filter converges more quickly; however, when the step-size is too large, the coefficients may change too quickly and the filter will diverge. (It is possible in some cases to determine analytically the largest value of μ ensuring convergence.)
The LMS reference design has the two main functional blocks: the FIR (or IIR) Filter and the LMS Algorithm. The FIR filter is implemented serially using a multiplier and an adder with a feedback as shown in the high level schematic from Fig.10 . The FIR result is normalized to minimize saturation [6] . The LMS algorithm iteratively updates the coefficient and feeds it to the FIR filter. The FIR filter than uses the coefficient c(n) along with the input reference signal x(n) to generate the output y(n). The output y(n) is then subtracted from the desired signal d(n) to generate an error, which is used by the LMS algorithm to compute the next set of coefficients.
V. SIMULATION AND EXPERIMENTAL RESULTS
Generally, square wave output inverter available in market is simple in design and low cost. Such inverter has the least desirable output waveform type; a square wave, [7] is sort of a "flattened-out" version of a sine wave and have some disadvantages. For starters, the peak voltage of a square wave is substantially lower than the peak voltage of a sine wave. In addition, a square wave contains many higher frequencies as well, called harmonics, which can cause buzzing or other problems.
A modified approach is proposed in this paper to eliminate all harmonics from square wave waveform. A square wave output waveform which contain many odd harmonics. First, a fundamental frequency of square wave is )]} (3 ) applied to LMS algorithm and LMS adaptive filter gives output of harmonics replica present in square wave output wave. Next, harmonics replica is subtracted from square wave output. Therefore, the output voltage wave is sinusoidal waveform of fundamental frequency. Input and output waveforms are shown in Fig. 11 using MATLAB/Simulink. As compare to RC or LC filter LMS algorithm gives better response: low THD (1.36%), stable output and load independent. Table-I VI. CONCLUSION A modified method has been proposed and developed to eliminate undesirable harmonics from composite signal using LMS algorithm. The simulation results show that the proposed filter can be used to eliminate higher order harmonics effectively. The simulation result show that the method can effectively eliminate all odd harmonics from square wave and sine wave is produced with total harmonic distortion less than two percentages. The advantages of this approach are simple design, low THD and cost effective.
